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Introduction

The final report summarizes several of the areas of research in Delta Modulation
being supported under NASA Grant NGR 33-013-063 during the period January 1, 1973 -
December 31, 1973.
1. The overshoot suppression algorithm described in the previous status report has
been more extensi‘}aly studied and invesigated. An elaborate video simulation

set-up has been devéloped i1sing a PDP-8 computer. The computer-generated test-
pictures showed a radical improvement due to the overshoot suppression algorithm,
Work is now underway to study the effects on real pictures from a flying spot

. scanner. A paper describing the overshoot suppression algorithm has been
presented at NTGC - 73. A new paper*pvh.i.ch will include the overshoot suppression
algorithm as well as the video sirnulation' results is now being prepared to be

submitted for publication in the IEEE Transactions on Communications.

2. Considering the Delta Modulator link as a nonlinear digital filter, a formula

that relates the minimum rise time that can be handled for given filter parameters
and voltage swings has been developed. In developing the formula the problem

of random truncation errors due to the finite arithmetic implementation is handled

in a deterministic manner with excellent results for all practical cases encountered.
An approximate formula for the rise-time which neglects truncation error has also
been developed. This formula, which gives reasonably good results, is far simpler

than the exact formula.

3. The settling time, which is the time from the initial overshoot to the time at

which steady state ig reached, hag been calculated for the case of overshoot

+

# Sections I, 1T, and Il of this report are essentially taken from this paper.



3)

suppression as well as when no suppression is employed. The results indicate

a significant decrease in settling time when overshoot suppression is used.

4. An Algorithm for correcting channel errors has been developed. It is

shown that pulse stuffing PCM words in the DM bit stream results in .

a significant reduction in error-length.

The results presented in this report represent a significant step forward
in the design of delta modulators for video encoding.

The reseach supported by this grant and its "sister” grant NGR 33-013~-077
has resulted in 1 PhD Dissertation and the publication and presentation of

several papers.
Participating in this program are:

Drs. I. Paz, W. Rogenberg and D. L. Schilling
and
Messrs. Z. Ali, E. Feria, J. LoCicero, M. Steckman, N. Scheinberg and
L. Weiss



I. Overshoot Suppression in Digital Adaptive Delta Modulation and Video

Simulation Results

An overshoot suppression (0.S.S.) algorithm to improve the performance of
the Digital Song Adaptive Delta Modulator (D.M.} for picture transmission is
described. Figure 1 shows the structure of the digitally implemented optimum
adaptive delta modulation system referred to in this report. Briefly, its opera~
tion is as follows:

The inpnt signal S(t) is sampled and A to D converted to give Sk' Sk is
then compared to its estimate, ¥, , generating a sign-bit ek, with

k

€, = son (Sk - Xk)

where

\ th , . .
The step size at the k'~ sampling instant is

Ak = gy (ek_ls Ak.""l) + gz (e]{u2’ A k"l)

th . . .
Thus the k' step size depends on the previous step size, and the previous
two sign bits. The gy and g» function cheracteristics are shown in Fig 2,

indicating that:

| & _ tBe

k-1 ko)

2 A e
O

B = {

| Ak~1‘<2 5

where AG is the minimum possible step size. The gpecial region,

| Ak—-i <24 o’ is needed to prevent a dead zone at the origin.

4)
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The decoder is just the feedback portion of the encoder. 1t reconstructs

the approximation X, from the ek sign-bit stream. X _1is then D/A converted

k k
and low pass filtered to give § (i), the estimate of the transmitted signal.

-

In video processing, S (t) contains many large discontinuities of very
short rise times, This corcesponds to abrupt changes in grey level in the

picture content. Thus, edge response is very important in video. A linear

delta modulator is limited in its ability to track sudden input changes by its
fixed step size, the magnitude of these steps being bounded by the permissible
granular noise in the constant shade regions, see Fig 3a. Shade contrast is
thus degraded by the so called "slope-overload-noise" introduced by the

D. M. channel. To alleviate this condition and permit é(t) to approximate
rapid rises (i.e., minimize the slope-overload-noise) it is desirable to make

the step sizes &, small in steady state but allow them to increase guickly,

in some nonlinea}? fashion, when tracking rapidly varying inputs. This is done
in an adaptive D. M. by adjusting o, 8, and A o to meet rise time requirements.
See Fig 3b and equationg (1) through (4). Other algorithms are also being con-
sidered.

The charp rises in a video signal are usually followed by regions of fairly
constant level due to regions of uniform shade in the picture. Thus while
alleviating slope overload problems, an adaptive D. M. introduces the possibility
of large overshoots when the tracked level is finally reached. Furthermore, the
overshoot is followed by a fransient oscillatory response untit the D. M. finally
locks onto the tracked signal level. These effects are shown in Fig 3b. Figure 3b
also shows that good steady state response, i.e., small amplitude oscillations
about a constant level in 8{t), requires a small minimum step, & o° It can also
be shown that the D. M. becomes unstable if o and 8 are made too large (see
Appendix A). Thus in choosing a, 3, and A 5 a trade-off must be made between
slope overload noise versus overshoot, including the recovery (settling) time,
and the requirements for steady state response. Moreover, all this must be done
while maintaining D. M. stability.

We may therefore conclude as follows: both the overshoot and the subsequent

recovery time are undesirable attributes of an adaptive D. M. Reducing ihe step
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size decreases the possible overshoot amplitudes and shortens the recovery
time. This, however, augments slope overload and rise-time. A trade-off
therefore exists between overshoot amplitude and its recovery time, versus
slope-overload-noise in an adaptive D. M.

Overshoot suppression is a scheme to sharply limit the overshoot ampli-
tude and reduce the subsequent recovery time. This is done without reducing
the step sizes until overshoot is imminent., Thus, slope overload noise, and
hence the rise time, is decreased. Using this technique « and 8 can be in-
creased while decreasing AO. in this way, slope overload as well as small
steady state response requirements can be met simultaneously. Impending
instabilities due to large o and 8 are alsc inhikited and, obvicusly, overshoot
and the subsequent recovery time are minimized.

An O. 8. S. algorithm has recently been suggested in the literature (3).

This scheme uses a "look-up table" in which arbitrary values for the step
sizes are suggested. Furthermore, the maximum step size is limited by over-
shoot considerations.

In the Song Delta Modulator, the step sizes can continually increase with
the O. S. S. scheme described in this report, thus yielding better signal to slope-
overload-noise ratio than that obtained using other O. S. S. technigues. Moreover,
the amount of equipment involved in implementing our O. S, 8. algorithm is very
modest in comparison to the egquipment needed to implement other proposed schemes,
and could fit into any adaptive D. M. in which the next step size is explicity cal-~
culated. It is also flexible as to the amount of O. §. 8. it can perform and trade-
offs between conflicting factors can be accurately set as may be necessary.

Qur Q. S. S. algorithm has been verified. The resulis obtained indicate that the rise
time of the DM can bedecreased without causing excessive overshoots and subse-
quent coscillations. The marked improvement in the guality of the transmitted video
is illustrated wiith pictures processed by the D. M. with and without O. S. S.

A. The Proposed Overshoot Suppression Algorithm

The Overshoot Suppression Algorithm may be understood by conslidering the
four cases shown in Fig 4 in which an overshoot or an undershoot occcurs. In

Fig 4a an overshoot cccurs at sampling time k-1 followed immediately by an



undershoot at k. For this case it is easy to show that the D. M. considered
will approach its steady-state condition rapidly. This is not the case in
Fig 4b where the overshoot is larger than in (a) and Xk is greater than Sk'
Consequently an undershoot occurs at k + 1 or later and with an amplitude
larger than in {a). This occurs because the step sizes begin increasing
again after the first reversed step. Thus it will take many more sampling
periods to reach steady state in- (b) than in (a). The algorithm is therefole
implemented only when case (b) occurs. Note that Figs 4(c) and 4(d) depict
undershoots corresponding to the overshoots in (a) and (b) respectively.
Action to prevént excessive undershoots is thus taken only for case (d).
The occurrence of cases{b) and {d) can be recognized by examining the

sequence (ek__a, e The fingerprint of (b) is (+1, +1, -1, -1),

k-2' Tk-1’ e
while that of (d) is (-1, -1, +1, +1), When either sequence is encountered
action is taken to prevent overshoot or undershoot. The corrective action
Koy? and Xk' Casge
(b) is thus transformed into a case (a) situation and the same for (d) and (c})

entails decreasing the stored values of Ak—l' and hence X

respectively. The shape of the modified waveform actually depends on the

amount by which A is decreased. The simplest scheme is one where

k-t
q("l is replaced by half of its original value. We may allow for more rapidly

increasing step sizes, A 1 i.e., larger @ and B (see Eq 4), as long as A k-1

is replaced by a smaller fraction of its original value when O. S. S. is employed.
Thus there is a faster initial rise coupled with a very sharp braking action just
before the desired level is reached. However, since the braking action occursg

close to the desired level there is nominal slope overload degredation. Indeed,

7)

there is an overall decrease in slope overload noise due to the more rapid increase

in the initial step sizes.

The Overshoot Buppression Algorithm was applied to the adaptive D. M.

operating in the Song Mcacde, 1.2, @ = 1, B = 0.5. It was shown (3) that a usable

video system results using these parameters even without O. 8. §. With the

addition of the suppression algorithm video reproduction is significantly improved.

The salient features of the Song Mode response are now summarized: In

approaching a level from above or below as in Fig 4, each step gize is 1.5 times

the previous one (see Eq 4 fora= 1,8 = 0.5). When a direction reversal occurs,



as at sampling time k in Fig 4, the first step size following the reversal is
one half the previous step size, l.e., & K = -1/2 4 Koy (see Eq 4). Thus,

in Fig 4(b) we have
X, z2X._ - (1/2)8, =X _,* (1/2) &,

The inequality sign is needed due to the fixed point arithmetic employed in
the digital implementation. Also in Fig 4(b), Xk.-z < Sk < Xk' To implement
0. 8. S., set (& k‘-l) F=(1/2) Ak-—l’ where the prime refers to the new values

after the O. S. 8. algorithm has been implemented. Therefore

k-2 (8 k—1)s - Xk-z * (1/2) . k-1

Next, set

(6, =8, = =(1/2) &,

Thus
) = )G =X,

Hence, Fig 4(b) has been transformed into Fig 5, with undershoot occurring
at k rather than at k+1 or later. It should be evident from Fig 5 even without
a detailed explanation of the worst case that the overshoot has been at best
entirely eliminated or at worst cut in half depending on whether §{t) is closer
to (Xk_l)_' or Xk—z respectively. Figure 5 also shows that the recovery time is
greatly reduced, since the D. M. locks onto S{t) very rapidly after sampling
time k. Note also that now (e
e, = sgn (Sk - Xk) = -1

The above O. S. S. scheme is summarized in the form of an algorithm by

k)’ = sgn (S) - (Xk)' } = 1, whereas in Fig 4(b)}

considering a typical cycle of the now modified D. M.:

8)

(5)

(6.

(7,



9)

Step 1: Generate 5,
Step 2: Calculate &, =gy (e, ., 4, )*+02 (e _p 8y )

1
Step 3: Calculate Xk = Xk-l + A K

Step 4: Calculaie ek = sgn {Sk - Xk) and transmit this bit.

In the D. M. without O. 8. S. this would complete the cycle. That is, k is
next updated and steps 1 through 4 are repeated. To implement O. S. S. the
following additional steps are needed:

= : —_ P 9 = = 3 = - i o =-:-1’
Step 5 Ifek_3 ekmz 1, and ek_d1 ek 1,setV=1 I‘Eek“=3 ek_w2

and ek_1= ek = 1, set W= 1,

Step 6: IijflandW?‘lgoto step T: IfVv=1o0orW=1 set
L
(a) (&, )" =(1/2) &,

(0) ()" =X, + (0 )" =X, H /2 by,
(@) (A =a, =-(1/2) 8,
@ () = )+ () =X,

(&) ()" = &,

i

= H ale .o ¢ I- 3 3 = ; 9 = - :f,
Step 7: Update k. That 1s, set ey T s Cres & if step 6 has been

executed set ek”1 = (ek) H Xk—z = (Xk.—1) , etc, Otherwise se:tek_l = ek:

X, _, = X, _,» etc. This completes a aycle.

B. Hardware Implementation of the Overshoot Suppregsion Algorithm

The implementation of the above O. S. §. algorithm requires the addition
of very litile hardware to the Digital Song Adaptive Delta Modulator. This
can be seen by considering the schematic representation of the D. M. CODEC
(Coder-Decoder- Combination) with O. 8. 5. shown in Fig 1. Ncte that the extra
components needed to implement the suppression scheme appear in branches
that are drawn with dashed lines. Of these, the only major devices are the delay
elements D5, D6, and the adder A4. However, since the adders Al, A2, and A3
are really one time-shared adder, we can easily time-share adder Ad also. The

remaining extra elements are a few gates needed for decision, swiiching and
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timing purposes. Note that the execution of step B(a) of the algorithm,

(&,

ware, We merely read into adder A4 the contents of the A K1 register

_1)‘ =(1/2) A k=g® need not require the addition of any explicit hard-

shifted by one bit, thereby resulting in a divigion by two.

Tt is difficult to discern the operation of the circuit by merely examining
the schematic diagram in Fig 1 because the sequential order of operation is
not specified in the diagram. However, the actual operation is made clear
by considering Fig 1 in conjunction with the seven steps of the O. S. S.
algorithm.

The additional steps of the algorithm place an added requirement on
the logic speed. After the completion of a normal cycle of the D. M., extra
time is needed to perform one more addition and the various logic operations
needed to rearrange the internal values.

At this point, it should be pointed out that a gignificant simplification is -
possible in the encoder implemention. Namely, Step 6(b) and hence Step 6(&3)
do not have to be explicitly executed in the encoder because (Xk_l)“ is not
really needed to compute (Xk)’ in Step 6(d), i.e., (Xk)' is simply replaced by
kaz which is available in the memory. Furthermore, it is easy 10 show that
(X

) i
k-1
suppressed at k-1, the earliest future time for implementing the algorithm is

is not used in later cycles due to the fact that once an overshoot is

at k+2, By this time X is clocked out of the memory. In terms of hardware

savings in the encoderk, tlhis eliminates the gates needed to produce

(4 k_l)‘ =(1/2) & _g? 85 well as A4 and A2 to carry out Steps 8(b) and 6(d)
reapectively. These simplifications are not pos sible in the decoder because
its output with O. S. 8. has to be taken from X rather than from X, . Note

k-1 k
that if the output was taken from Xk’ then the 0. 8. 8. produced by going back

L

in time and reducing X’k—1 would not be evident in the output S(t).

G. Computer Verifications of the Algorithm

The Digital Song Delta Modulator, with and without O. 5. 5. was simulated
on a PDP~8 computer., The minimum step size used (4 o) was normalized to

unity. The dynamic range was set to correspond to a ten bit internal arithmetic



in an actual hardware implementation. Thus, the step size was permitted to
vary from A o to 1024 AO.

The responses of the D. M. to step functions of different amplitudes,
with and without O. S. 8., appear in Fig 6. Figures 6(a), and 6(b) exhibit
large overshoots and sustained oscillations (see also Fig 9(b)). They
correspond to the sequence ekm3 = ek—-z =1, ek___l = ek = -1, where i<.:-1 is
the sampling time when overshoot occurs. Figures 6(a’} and 6(b') are the
same waveforms but with overshoot suppression (see also Fig 9{c)). As an
example compare Figs 6(a) and 6(a'). Here the maximum peak to peak
oscillations are reduced from 224, to 94 o Similar obs ervations can be
made for Figs 6(b) and 6(b'). Furthermore, here the setiling time to the
steady state is reduced from six to three sampling periods. While Fig 6
gives a good indication of the general nature of the improvement due to
0. 5. 3., 2 more convincing illustration is depicted in TFig 7 where the dis-
continuities are much larger. Note that the apparent slow rise times in

Fig 7 are due to the compression produced by a scaling factor of 0.1 used in

the plotting. In reality Fig 7 rises over a range of 500 J_\.o in oniy 13 sampling

periods. To achieve the same amplitude, a non adaptive D). M. would require

500 sampling periods.

priefly, the salient features of the response are as follows: The rise time

to reach a given level is the same with or without O. 8. 8. Overshoots are
suppressed by a minimum of 50%. Recovery times following overshoots are
significantly reduced as seen in Fig 7(b). The data plotted in Fig 7 is given

in Table 1 for guantitative comparison. The peak-to-peak amptlitude of the

steady state response is three times the minimum step size for either scheme.
The period of steady state oscillations is 4 sampling periods without O. §. S.,

and 8 sampling periods with O. 8. 8. In either case , the peak-to~-peak steady

11)

state oscillation amplitudes are smaller than a grey level in the picture waveform.

Thus constant shade regions will not suffer significant degradation (granularity

and contouringy.

D. Experimental Investigations

1. The Test Set Up
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3 provides the necessary staircase waveform for its vertical deflection
system. For steady pictures proper synchronization between the hori-
zontal and the vertical waveforms has been provided.

The final result of applying the outputs of Channels 1, 2, and 3
to the Z, horizontal tri&gﬁ;\and vertical inputs, respectively, of the
display monitor is an artificial still picture. The picture contains N
bright vertical bars formed by M vertically displaced raster lines, N
and M being externally specified. The effects of the DM edge response
as well as the steady state granular noise on a video display are very
prominent in this resulting bar- pattern.

The display module turns cut to be the fastest of the set. As a result,
the repetition rate of the display waveform is 3.5 times that of the original
waveform generator cutput., This fact was accounted for in the scaling factors

that govern the bandwidths of the L. P, filters.

2. Experimental Results

The experimental results are summarized in the phétographs appearing
in Fig 9. The waveform employed was a 3V peak-to-peak sguare wave
having a repetition frequency of 100Hz and sampled at a frequency of
11:.4KHz, i.e., 114 samples/period. The square wave is bandlimited to
JKHz. In the final waveforms displayed in the photgraphs the time is
scaled bva factor of 3.5 by the display program. That is, the repetition
rate is 350 Hz, the sampling frequency is 39.9 KHz, and the bandwidth is
10.5 KHz,

The original square wave and the filtered waveforms appear in Fig 9(a)..
Fig 9(a') is the 100 line raster produced with the filtered waveform of Fig 9(a)
as the Z modulation. Note that except for the narrow vertical bright band at
the leading edge of each bar, which is due to the ringing introduced by the
filter, the brightness of the bar is uniform and the edges are sharply defined.
The bright (or dark) band that cuts horizontally along all vertical*bars is simply
due to a lack of perfect synchronization between the camera and the vertical
sweep.

Fig 9(b) shows the delta modulated version, without O. $. S., of the

filtered waveform in Fig 8{a). The lower waveform in Fig 9(b)is just the delta
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modulated output waveform bandlimited to fm = 10.5 KHz, (the bandwidth of
the input to the D. M.). The raster in Fig 9(b') results when the filtered
wavelorm of Fig 9(b) is applied to the Z-input of the monitor. The deleterious
eftects of the overshoots and subsequent oscillations on the leading edge
are obvious. Note also that the gradual roll-off at the trailing edge of the
waveform causes a lack of sharp contrast at the traling edge of the bright
bars.

Figures 9(c) and 9(c") correspond to Figureslg(b) and 8(b') respectively,
when O. 8. S. is applied. The improvement in Fig 9(c'jover 9(b") is obvious.
In fact, the only difference between Fig 9(a') and Fig 9(c¢') is the lack of
sharp contrast on the trailing edges in Fig 9(c'). This is due to the slower
fall-time of the delta modulated waveform than that of the original filtered
waveform. The way to improve on this is to increase a + 8 which will lead
to faster rise time capabilities of the D. M. This is now possible because
the overshoot effects on the leading edge are taken care of by the O. 8. 5.

scheme.
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Figure 9(a) Upper Waveform: 350 Hz square wave ( m(t) ).
Lower Waveform: m(t) bandlimited to 10.5 KHz.

Figure 9(a') 100 line raster intensity modulated by bandlimited m(t).
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Figure 9(b) Upper Waveform: Bandlimited m(t) after DM processing (without O.S.8.)
at fs = 39.9 KHz. .

Lower Waveform: Upper Waveform low-pass filtered (fc = 10..5 KHz) = x{

B T

Figure 9b') 100 line raster intensity modulated by x(t). o
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Figure Q(c:) Upper Waveform: Bandlimited m(t) after DM processing (with O.8.S.)

at fs = 39.9 KHz.. '

27)

Lower Waveform: Upper Waveform low-pass fikered ‘(fc=10.5 KHz) = x' (t).

|
A R

Figure 9(c') 100 line raster intensity modulated by x' (t).




5
= 15.08 SK= 5685
W= 17048 SH= S 5688
W= 1804 S
K= 19000 g
e 209
K= 21.69
W= £22.008
K= 23.080 "SKH=

He 24.00 9

Gl (R0 D K= G e (0
= G005 e 00
.('?E\’: ‘.‘) ['j ” o 5 F) % [l'," :JE’
Si= 5505 e RN
SR= 50006 5 195 .85
Sii= 500.5 %} DL A
QK= 50%. 5 W= 370
et 5K £ 5 K= 55.1
el 3. T e Wi B LD
e Qe 0 5 ; o]
= 00 e ; o A &
K 11008 i 5 = BE30
e 18.00 SK= BAG.5H L Yy
K= 13.9% SK= 5885 e O35 4
K 14000 = 5005 ® E 00 .
e 15608 SK= 5065 ry TR0
1 = } - A
b

5106
A5 5 e
#6667
530 e
498 .8

HBl4e0

o
DU U LS
>
=
ll

T
=
it
[E AR
SERCH
Pand
o
o
T

5088

e gy L Lt

W= 25. B 5t LSV
W= B6 SH= 300 . 50 e )
K= 2700 S= BEH. H9T o
K= 2868 Si= 25 e HGBeT
K= 29.05 Si= 36 5 HET o U
= L. 6 SK= 3875 { AT 0
We 31600 SH= 3605 7 H485-0
W= 302.00 SH= 3HB.5 A= 44660
T 33600 SH= 34T.5 ¥ 415 ..
W= 3.0 Gi{s= BE e 5 TG e
K= 3500 SH= 5303 31360
s 3608 SK= 3B 2190

ZGG e

F= 37090 SK= 304 .

K= 3840 SK= 300 335.0
Kz 39.80 SK= 36 Gl e
K= A e BO SKH= 300 BAC .0
We ) e 0 $K= 300 2750

&Y e
NI

3144

[ X4 In
rggs_}ﬂ'-f

e 42.06  SK=
Ke 43.040  SK=

L3
GO L Y U O e

o
A
L]

354 e U

FORSNERANSEARLEANA NSRS

K= Aidje ) Sei= 3 a5 ORI
W L5600 SK= 3605 a6 e 3
W= 4600 S 3065 SRR
V= AT« B9 = B85 36l.@
K= 48580 S= 308.5 BO9G .0

30 - 8

398209

= 4909 SK= 3.
K= 5060 SK= 300

SIS H

Table 1fa) Table of values for Tig. 7T(a)
¥= ¥'th sampling instant.

SK = input signal at time K.

XK = input estimate at time XK.

EXE = sign bit af time K.

1. i 01
et
1006
1055
1 &500
] - l’} (/} ,(,J
« B3
0 I
Y1)
GRoEY;
GRYAY]
91639

v

L
« B
« P3G
o F 0
2 00
« (3G
s DA

Nclors!

L]

o G
b6E
o F3EHE
9151Y]
By
)
o A

o (A0

] L

o ()
o it
o Y
s (30HH
GG
615101
605
HLa1e:
« TG

e

e

L4

E= 1.000
EKE==1.867

«[EG.

RHiEE 1000
[N m
H L

28)



j SK= 530,
3 S5 = Hidble
X6} SH= G810 .
103 SH= L.

ey
.
A

FREIs 1 G0
1 e 5idfd

hOLT LA R

N AN | 1 (i3
s e {044 S= Rl Lhaeitiy 1330
Wwo el 1O Sz 5605 DA el LR l]
A j SKm= B0 5 37 e ihi 109
e W= LHUGe S 566 0 1atifat
K= e 3l Sn= Hillie5 ivdk e (04 1140
W= e 037 5= GKiG.5 1260 o050
W= 1de 3 Sik= 2005 18900 1 e300
Wi 1130 CR= 548.5 = BESed 13
Wee 12673 S5H= Hi0e K= A4r4.0 1«66
K 13e:30 SH= S56H. XK= 5829.0 1o 3636
K= 1.2..30 SK= 50 Hrl= ARAE eididll
K= 15.:00 SK= 5@0. Wi= 4760 1930
K= 15:0i SK= hiéf. XHz= 51510 13038
K= 1700 SK= LEE . Kit= ATHH Lo i3 H0
= 1%.70 SH= 56 . Hiw= 4G50 TG0
e 19,000 Si{= 5. A= 509.06 1500
W= 2508 5k= B4 i A9 e 0 100
K= 2167 5= Bille. K= B2l 10y
e 20204 = A

.{.i o el
506
SH1L0

o HEE
« U300
s 154

SRR

b’} .‘Tj v
591
She 30 She L
B

>
=
1

=
i
-
v
o

o P
&
Ef‘
s
[H
E
[
Il

[ N

e
]

.

il

%

.
=
I

K= 2500 S 500G FHR= 58E .0 ‘ o
Ke 86 30 3675 « XK= B02.1  TEDE=1 65
K= 27 .14 3G Hil= HI1.% BKU==1-0086
K= P80 3080 . K= 499.0 EXU=- 1000
K= 29. 505 30F . HGG e ) o
J—_—— or_ - < 7 £
W= 35334 350 . MNHE= 492l S GEY]
K= 31e 370 51 10100 Wi ARG FEE
L2633 GG . CHHe AT o3

5 154

o (GE

o {4

i A5G40

=
1]

: ] A
2 f= G0

5

.
2
¥

s

a2 3
Gile
35 L
3{"_) LI

3 e

K= A4S0
= 4175
K= 3 Red

31240

Skes 3036 .
3.

200

=
4

A

3
oy
JCa
1

=

—
o
[
~
R

A
-y :
=0

il
o
AT
o)
i
<

=

=

CiojoRs

S T L & e
®

e

Lonla
iz

S 14 W= 388 K= 2a540 el
v i r . e ey m oy
RS IE L EORG I W= 3132.% .

Kt
v
I

306G .
= 398
393
3070 .
353

BE e

RICIOR

K= 290

PR,
347 e

L

He A 03
K= 4l
W 420000
K= 43..00

TRVt

ntnn e in n
?\

©
s ana N
o

FALAND LE
DVERTD e ey

s
=

4
CIA RO
CISF/RG)
Mim 32D
HKK= 3910
3. KK= 382.0
3030 . A= 3000 '
3685 Xef= 381.9 FRUJ==1 006

e i e
a

e

= /4550

m
K
K= 4635
W AT e
K

wmmmwmu:mwmmmmwwmwmm-anU\Lﬁmmmmmwmwwmwmm-m
>
5
il

= ABeili
K= A49.00

Teble 1 (by  Table of values for Fig. 7(b)
FYU = sign bit used inside encodcer o.ai decoder.
EXT = sign bit transmitted from encoder to decoder,

= (e B WHI= lenO

BKT= 1005
FET= 1e000
FRT= 140997
KK T=
BiT=
FHT=

o {5
e ! ,’:' ¥l

s 12005
o P30
NG
s
HaG
HAGE

)

°

o

AN

L3 L] L3 L]

ZRGE
=
i

P
ni=
qr —
nLal=

W
:

.._
i1}
o

&~

ChA5
o (5010
(49
o FA T

f!
]

HE S
v =
R e B B B e Bt
I
I

5
M
o
1
Y U e T S S
"

i
]
R

i

J el s o)
5
i

1

—3 -
i

it
Pt b e
)

1
(I
ST
1 L4

li
[
°

t

P S S R
1l
—
*

— 1 o '-‘. 5 ’_
FRT==10%4
Erl=~1.0

EHT==1.0
= 100
EET= 1.7a%
ELT= 1000

EXT==1«000

29)



30)

II. Rise Time Formulas and Truncation Erfors‘

The ADM can be modeled as a nonlinear digital low-pass filter. The
shortest rise times that can be handled by this model, without slope-
overload, obviously depend on its parameters AO, @, 8 and y (with vy = a + B).
The speed with which the step-size increases is mainly a function of Y, higher
values for ywill ensure shorter rise times and therefore are to be preferred in
video transmission. Large values of y, however, as already indicated, will
lead to large overshoots and instabilities unless some O. S. S. scheme is
used.

In what follows, in order to illustrate the complexity of the mathematical
models needed for investigating this problem, and as a first step towards its
solution, we derive a formula for the minimum rise time obtainable under given
conditions. For this purpose, the rise time tr (for brevity we will use in what
follows the simplifving notation ’cr = i) is defined by the number of sampling
instances needed in a given ADM {given vy, & o) in order to attain a specified

voltage level V. Namely we look for a relation of the form

i 6 (Y, V) with 8 _

It is shown below that the main difficulty in deriving Eq (1) is due to the
truncation errors inherent in the digital implementation, because these errors
y
become too large to be neglected as i increases.

To derive Eq (1) we first derive an expression for
Vo= f2 (Y; i)

with AD = 1 and assuming no truncation errors (infinite arithmetic capabilities)

We obtain

V(1jAo=, no truncation error) = |[+2+2¥+2 Yi4... +207°

(2)

{3)
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which vields
|-y :
V('HA.F‘, no truncat ton errar)‘-‘ |'+2 Er:‘f‘"} ;= 3 (4)

The values so obtained for V are upper bounds for its real values because

the actual step sizes AK given by Eq (4), (Sec, 1) are obtained with all fractional
parts truncated. Let VT(i) and VNT(J'.) be the values of V(i) with and with-~

out considering the truncation error, respectively. Also, let e cum(i) be

the cumulative truncation error. We then have

() (5)

VT(i) B VNT(i) - € cum*

In computing ec ) it is assumed that, r, the local round-off error is

i
_ um(
always the same and occurs only at every other sampling instant. Thus,

Em()= (N+(r N +[¥(rr) +r] + LY+ D+ . .. (6)
Therefore, the local truncation error € (K) is the solution of

= r “ (1)
(k) = Ye(+ & [14(~)

Equation (7) can be solved by taking the Z transform of both sides of the

equation ,

Zele)]= 32 [eK]= v £ [e(K]+ Z {g@ﬂ_(\”kj} (8)



Solving for Z (€ (K) )

Z[ek] =

e(k= 2L

2.

(3-¥ (3 IX3+)

Taking the inverse transform of (9) vields

—ce

r (=) r
2 (r+l) * 2.(1-¥)

Finally, the cumulatlve truncation error is given by

CU\'M

If the initial step A(1) = 1, then it can be shown that ecum

i<4. Therefore, an index shift is introduced in (11), i.e., leti = n- 3,

n=4,’ i =1,

Thus,

-

O
Cam(M)= § Lt

=

Ze(k

DAl

=3

)

=)

4
2.(1-¥)

J

L =60 L rin-3)
Y (¥H) 2(-¥)

Y ar-zrj*_')_

r[(-l)’i— ]

H (=)
1'..—_\)?_)3, peons

(i) = 0 for

32)

(9)

(10)

(11)

(12)



Using Egs (4) and (12) in (5) we obtain,

e R (3t
Vo{() > f‘f‘z[——(— _rTTl- ] E(H‘)] 2(~) )RS (13)

Note that we may neglect the next to the last termin(13) because we
always have r < 1 and y >1. Next, (13) is solved for i, i.e., we find

i=f(V,r, y). It is not possible however, to find an exact solution to
(13) since it is a transcendental equation in i, Therefore, an iterative

approach is used, Solving (13) for Yl yvields

{_ ylr-) ) (35 s |
y —m(l-h’)(\/ |) )+ rog 7 ”] (14)

Thereiore,

i = Y e B A ag ‘E

— (10}
L)
Equation (15) can bé written as a recursion relation for i,
1) (72 ,.,) rrt ]
ﬂ“i(r 2Y%2) (i-2) ') 2 1 S 16)

La(Y)

33)
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Ifi_ =0, then:
O

bRl () 2213

h Ao (7)

(17)

and

o B i)
' A(r)

If convergence occurs on the second iteration then Eg (18) combined
with Eq (17) is the desired function, i =f (V, r, v ). Computer calculations
have shown that choosing r = 0.5 ensures convergence by the second
iteration and gives accurate results for all practical cases of V and ¥
that were tried, This is illustrated by Table 2 which shows that conver-
gence occurs by the second iteration 12, Furthermore, comparing XRONI,
the exact level with truncation, (y = 1.5) at time I in Table 3 with the
corresponding level (LEVEL) in Table 2, we see that the results forr = 0.5
are accurate to the nearest sampling instant.,

The rise time formula derived above is important for it specifies the
rise time limitations of an ADM for a given Y. Considering the D. M. as
a nenlinear low~-pass filter, Eg (18) in effect specifies its bandwidth as
a function of y. Thus, in designing an ADM to handle & video signal band-~
limited to fm’ Eg (18) gives the minimum ¥y needed to prevent slope overload
noise. Meanwhile, the O, $. 3. algorithm described earlier is designed to
prevent the overshoot and oscillations produced by the large y that may be

needed to handle the given signal,
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Note that for LEVEL >5 convergence occurs by the second iteration, I2.
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ITI. Settling Time Calculations

Upper and lower bounds for the settlihg time of the oscillatory response
of a Song DM are calculated in this section. Consideration is given to the

DM with and without the overshoot suppression algorithm.

An Upper Bound - No O. 8. 8,
Referring to Fig Ifgwe see that the response of the Song DM to a voltage

consists of rising steps until overshoot. After overshoot the voltage settles
to the minimum step-sgize AO. The maximum settling time is calculated by
assuming, as shown in the figure, that the decay occurs in steps of two; i.e.,
xk and Xk+1 are each greater than m{t); xk+2 and xk+3 are each less than m(t),
etc. .

It is clear that longer settling times .would occur if the decay would ogccur
in steps of three, four, etc.

The step-size prior to overshoot is 4, , and at k+1, k+2, « + . is

k

,Akﬂ!: (a=B) &

[B sy (*BY (-B) &y

e a2
8y dm @B) (@B) 0y
Ng-l N+1
i_ | (atB) a-B) 2 & N odd
gﬁ k-+Nf ' N\ (. N ko7
We define the settling time N as the minimum time required for A = A

k+N o’
Referring to Fig Ii(a) we see that

' - <
bevog ™ Priogrt < O keagen

37)

{1}

(4)



Thus, we set A KN

value of N (Nodd)is then

N| = Z ‘g’\ [—%OE @]
bl «*-£]

An Upper Bound-Overshoot Suppression

38)

in Eq 2 equal to the minimum step size A o The minimum

(5)

Figure ]{b}illustrates the response of the Song DM when overshoot suppression

is employed. Here, the step at time k is

IAI‘;!: 20y

as a result of the suppression algorithm. Further,

! ?c+1’= 3 b k
[A k+2[= FlaB) o,
!A' J;+3 E (CHB)(Q—B) A k
N _ N
| 1 ¥ -1 N
[ 5 ;<+Nl= L (a*B) @8 ° b, Neven

Only the even value of N is given since

(6)

(72)

(70)

{7c)

(8)

(%)
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as can be seen from Fig 1(b).

. § — : .
Setting A KN A o and solving for N yields

Nz:Z. A\[Z(:-F.B) zééﬁ
dn [ 8]

(10)

Improvement \)c{hen Using Overshoot Suppression

The improvement obtained when using overshoot suppression is

| A[q(%l_ﬁaﬂ A 11
AN= N ~N.= — f@n[:_-vr"-.ﬁ‘j -

The minus sign occurs since o® - 8% < 1. Note that the improvement AN is

independent of Ao and A . Ifa=1land =4, AN=4,

ko

A Lc;‘wer Bound-No Overshoot Suppression

To obtain a lower bound we assume that the DM response continually

oscillates about m(t) as shown in Fig 1{c). In this case

lakﬂlz (@-B) &, (12a)
' N
jA k“‘le (a-B)" &, | (12b)
Again settingl.ﬁk+Nt= A o’ vields

A
ln(’h‘g‘)
k

- In (a-B)

ks

- (13)
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-4 Lower Boungd-Overshoot Suppression

The lower bound response with overshoot suppression is shown in

Fig 14d).  In'this case
P =¥ @ N0, (1)

Setting Ak+N A o’ yields

285
V= Tl w i

i< g-B<c1 No< Nj. Ifee=1,8 =3 there is no difference in the lower bound
results,

In conclusion, we have bounded the setiling time as
Ao °<’+@_ L
ﬁv’\ (A“} ) 'ﬂn AK _
= N o no overshodt
«@m(c"*-ﬁ’ ﬁm[»{ —53 | (16)

suppréssion

ARG < N ARG A‘] (17)

overshoot

—rj&vx(“‘\“-ﬁ) ¢_ h ’e"‘[o( ] suppression

Thus, overshoot suppression reduces the settling time as well as the

overshoot.
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Figure 1{a} Step response without O.5.5.

used to upper bound gsettling time.
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Figure 1{c) Step response without Q.5.8.

used to lower bound setiling time.
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Figure 1(b) Step response with O.5.8.
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IVv. A Technique for Correcting Transmission Errors in Delta

Modulation Channels

Introduction

The basic operation of a delta modulator may be explaincd briefly as
follows. At the transmitter a signal is sampled periodically in time and
compared to an estimated value, computed on the basis of prévious
history of the signal, The comparison yields a difference signal, dk'
The output, e , of the delta modulator will be a positive or a negative

k

pulse depending on the sign of d The output pulses, e, , are trans-

k* k
mitted over the communications channel.

If an error cccurs in the polarity of e, , during transmission, there

k
will be a shiit.in the d,c. level of the received signal. These shifts in
the d.c. level are cumulative in nature (1) and are undesirable in the
video signal, because they produce bright or dark horizontal streaks
throughout the picture. Different schemes to overcome this difficulty
are proposed in the literature. They use spatial prediction (4), leaky
integration (5), replacement of the erronecus lines by another line with
an intensity which is the average over the intensities of the adjacent
lines (6), transmission of a PCM word representing the absolute value of
the signal sample after each horiZontal line of the frame (3}.

Because the effect of errors are more disturbing in nonlinear delia-
modulated channels, we will describe our technique as implemented using
Song's ADM (1). We briefly repeat below the main features of this ADM

for completeness.

1. The Song ADM

This ADM is shown in Fig I(inside the dashed lines}. The analog signal,
S(t), is sampled at the kth instant of time, and converted into a digital signal,

Sk° This signal is then compared to its estimate, Xk, obtained on the basis

of previous samples. The output, ek, is obtained from the relation

e =sgr1(Sk-X

, (1)

1)
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and is transmitted over the channel. The estimate, X, , is obtained using

k)
the recursive equation

X]<:Xk-1+ &k (2)

where A K is the new step size, given functionally by

Az
K g |

+ 3
e by )T o ley 0 by ) (3)

-1

Thusg the new step size depends upon the previous step size, & k1’

.The characteristics of the functiong g; and

and outputs, e e and e

k-1 k=2
gs are shown in Fig 2 indicating that

Al (€ TP €) ) { A*Hf 7 2A (4)

A=
2A eﬂ-f / ,AK-[IézA

where ¢, and 8 are constants and, 4, is the minimum step size. The
special region in Fig 2, where I Ak—l ] < 2A is needed for preventing a
"dead zone" at the origin. For video signals the values proposed by
Song are ¢ = 1, and 8 = 0.5.
The decoder is just the feedback loop of the encoder and it reconstructs
X‘k from the ek pulse train. The estimates are conver}ed to an analog signal
after passing them through a low pass filter to give S (), the estimate of the

transmitted signal at the regeiver.

2. Square, Wave Response:

A video signal has a large conient of rapid . . level changes followed
by regions of constant d.c. levels, and we therefore first present the response
of the Song ADM to a square wave signal. Such a response is shown in Fig 3.
The individual step sizes were calculated by using Equations (1) through (4),

with @ = 1 and 8 = . With €y and ek_2of the same polarity, the new step



Ak will be 1,5 times the previous step size in the direction of ek, + When ek__1
~1

and ek_2 are of opposite polarity the new step size will be one half the value
of the previcus step in the direction e}'{_l.. If the previous step size is less
than twice the minimum step sizée, the new step size will be limited to 24
in the direction e]'{_l,.. This will take the ADM out of the dead zone surround-
ing the origin.

A sharply rising signal will cause the ADM to produce a siring of positive
ek pulses, while a falling signal will produce negative ek pulses. For the
region of constant d.c. level, a string of two positive pulses followed by two

negative pulses will be produced uptil the level changes again.

3. Shifts in D.C. Levels:

The transmission noige inherent in every communication channel will
introduce errors by reversing the polarity of ek. Figure 3 exhibits, qualita~-
tively how the d.c. level of the signal changes, when single or double errors
occur. The solid line represents the signal at the decoder in the absence of
the noise, while the broken line represents the signal corrupted by the noise.
Itlis obvious from these figures that a shift in the d.c. level of the decoded
siwgnal occurs.

To estimate the shift indecduetoa single error, let the system be

switched on at time k = 0 with initial conditions:
A1=2A andX1=2A

This yields
b= | 2 4 | (@ey + Be )

and

X, = |24 | (@er+ Be ) + 24,

44)

(6)
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By induction we can write the step size and estimate for the kth instant.

A"Sjj[ 2AI°< eq-,tgeu-z/(exe,{-, +8 e,(_z) -

and
K K~ AT
A=l =1 u=l
with the exception that for v = 1, the initial conditions hold.
Let ék+1 be received instead of ek+1, i.e. ék+1 = -ek_l_l. Then the
erroneous estimate will be
K
’ N
— ¢
X=X+ T2t e penier, g )
U=t 7

and

K42

><|:+1=><K +Af:+l + ‘]TZA, HCuxy +‘fg€”“2
U=

(3b)

('3'( el»i—!—! +4¢ K')

The erroneous estimate at time interval N>k is

t N /
XN:XK+Z A, (10}

Pr= e+t

and the corresponding XN using correct e, will be given by

k

N
XN: X"+Z JAYR (11)

b=
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. th .
The d.c. shift at the N instant is
N
— /
EN - Z (AM AM) (12a)
LUl o

and the relative d.c. shift §N is given by;

§=._f::~_ b
N Xw (12b)

If all the ek' s are in the same direction (i.e. either the signal is rising or

falling) then it can be shown that
N-2
f o 2edtod) [+282 («+8)]e;, |
- N AR .
Vs T [O(eu-l+$eu_2/(°( o +REw) | (13)

=l ust

In the steady state, there are two cases:
a) when the error occurs after an alternating positive and

negative pulse sequence, then;

5= 288 (=) Yol 481+ (400" 282 Je L, (142)

b) when the error occurs after two consecutive positive or negative

pulses, then:
§~z= 2 AE""‘%“’X@“O + (st B0+ (1= <™+ +25¢ [ € (14b)

We also observe that the shift in the d.c. level due to erroneous ek

is cumulative. -in nature and therefore another error in the same direction

will increase the shift. We also observe that two errors in opposite directions
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may or may not have equal and opposite effects.

As an example of this, consider receiving a sequence of N positive
pulses received by a delta modulator receiver having ¢« = 1 and B = R
Assuming that this sequence followed a steady state sequence yielding

0 volts, we find the output voltages after N pulses to be

|~ (1.5)"

N~}
v"(N):»; 2A(.5) = 24 ] (15)

If, however, an error occurs on the kth pulse in the sequence, we can show

that the output voltage VOE (N) is now tightly bounded by

K-l ek \ K-l . NoK20 R |

S 2805+ 28052 V(N £ D 2805 +> 24(1.9) (16)
n=o h=0 heo h=0

which can be written as

5 (e 2_(\'5_)}<_U.5_)N-H+!] '
ZA[Z ﬁfjj(l.;; g) ] é\/oE(N) é_z A[ = (1.9) (17)

If, we consider the worst-case condition, where Y= Voe (N)/VQ(N)

is a minimum we find that the error should then occur at K= % s
and the minimum ratio is then bounded by
- Nh 5’2_ "-yl p i
2 ({'5) [(fS) +(,.5) _] < Xm‘u < Z'—(J-SJWZZ ({5)/2 (18)

[=(1.5)" [-.9)"

If N »>>1, this simplifies to
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~ (15"
G = (0 (19)
If, for example, N = 10, then K = 5 for worst case conditions and

SLVOE (W) =Vo(N)f,, = ~[ddB (20)

This represents an extremely large shift in intensity level,

4. The Error Correcting Algorithm

Adaptive Delta Modulation requires a lower bit rate than PCM to
transmit the same information. However, channel errors, produce errors
which are cumulative in an adaptive DM system while independen_t in a
PCM system. The basic idea involved in error correction is to send an
occasional PCM word in lieu of several DM samples.

Consider then that a signal S(t) has a PCM sampling rate'fs. Then
the DM will transmit N_ bits in a time T, = l/fS so that the DM bit

D
rate is fS (D) = N f_. After each i = kN_ bits are transmitted we insert

D's D
a PCM word containing NP bits. If these NP bits are received without
error then the received sequence is corrected. Using thig algorithm the
maximum length of error propagation is limited to i bits. We note that if

N, = N_ the system bit rate is not increased while if N_ > N_ the bit rate
P D P D

NP - ND

— .

ig increased by This is usually a small fraction and does not

significantly increase the error rate.

This algorithm requires that the receiver be equipped with a PCM-DM
converter. Such a converter is discussed in a Final Report for NASA-
Goddard under Grant NGR 33-013-077.

An alternate algorithm, which does not require a PCM_DM converter

merely compresses the i DM bits so that the N_. PCM b}i\_‘rts can be inserted,

P
This pulse stuffing algorithm increases the bit rate by T 50 that the bit rate
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is now o

5 0)=(1+ H) £y | -

The value of "i" is chosen considering the probability of occurrence of
the noise errors' in the channel. Obviously there exists a trade-off between
the increased error rate and the amount of improvement obtained in the gquality
of the received picture through the noisy channel. This trade-off can be used
to meet the required specifications of bandwidth economy and pitture quality. '

Let the peak-to-peak voltage of 'f 2V" volts be applied to the delta-modu-
lator. If the word length used in the internal arithmetic of the delta—modulafor
is n-bits, the maximum number of possible quantization levels that can be .

, , n .
simulate is 2, and each level will represent "4 " volts, where

A typical PCM word will use fewer bits than the number of bits used in
the internal arithmetic of our system in order to minimize the bandwidth
expansion needed. Let the PCM word be of length NP = j. For such a system

the gray level will be given by

1 gray level = _Zél]_f_ = Q volts (23a)

Q=a+2"] (23b)

5., Generation of Errors in a Noiseless Channel

The substitution of this j < n bit PCM word will introduce an error in
the absence of channel noise. This error can be calculated as follows:
Assume for concreteness that 1's complément arithmetic is used.

The voltages for n = 12 are represented as follows
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V+E 011 111 111 111

o= 000 000 000 000
O = 111 111 111 111
Vv = 100 000 000 000

Note that there are two zeros, a positive. zero and a negative zero. Consider
that at a given time the estimate at the receiver is Rk =111 111 111 111
(=O_) and the PCM word is 000 000 000 000 (5“O+), now consider that j = 0,
i.e., the PCM word isrepresented by a single bit. Then the algorithm employed
replaced the j most significant bits of RK by the PCM word, which for our
example yields

+

RK'EOII 111 111 111 =V

+
and RI'< - RK =V . This is the maximum possible error. Note that this error

couldalso be V. It can easily be verified that
a) the number of such cases will be 27 (Let us call it a worst case.) ;
b) the maximum level shift (error) due to substitution when there is no
channel noise, in the above mentioned cases, will be given by,

_ 2V
>\w = + 5 (24)

To illustrate this further, let j =5, 1 = 64, and n = 10. The bandwidth
increase is then*g—1 = T%. The number of "worst case" possibilities is
2:i =32, I;smd the relative d.c. shift due to edch worst case will be

=7 %{,2— =T -31—2 x 100% = t 3%. In a system having 64 gray levels,
this corresponds to a maximum error of 2 gray levels.

The d.c. shift is very small due to these errors, compared to the

d.c. shift due to one ADM pulse in error which could be as much as M 18 dB.
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The error due to substitution in the absence of noise in the channel is
even smaller than the d.c. shift due to an error in one ADM pulse occurting
in the steady state. Also an error due to substitution is not commulative
in nature, because it will correct itself duing the next substitution period.

In conclusion our error correction algorithm differs in three respects
with other solutions proposed in the literature.

a) The correcting signal (not necessarily a full word) is inserted after,
i, ) rulses.

b} The insertion rate is more frequent.

c¢) Trade-off between increased bandwidth and the amount of correction
obtained in the picture are made possible by changing the values of

i and NP=].

6, Computer Simulation and Results

The delta-modulator including the correction algorithm and a random
generator producing errors with programniable error rate was simulated on
a PDP-81 digital computer. The results verify the expected d.c. level
correction.

The correction algorithm programmable : for an arbitrary block length,
1, and number of correcting bits, j. Results were obtained for, j = 2, 4, 6 and
full! word substitution and for, i = 64, 128, and 256. The random error genera-
tor was programmed for a single error and two consecutive errors between
correction. The two consecutive errors may occur in the same direction
or the opposite direction dépend_ing iipon the two ek' s @t the time.of occurrence
of the error.

The results of the computer simulation are shown in Fig 4(a) through (4f).
The picture in Fig {4a) is the video reproduction through the ADM without
noise. The picture in (4b) is the.result of noise addéd.to the channel.

Note the cumulative nature of the d.c. shift. Figure {4c) shows
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the effect of substitution with j = 4 in the absence of noise in the channel
while the picture in Fig (4d) shows the effect of substitution with j = 4
and i = 64 in the presénce of noise. The picture in Fig (4e) was obtained
with j = 6 and i = 512 while Fig (4f) represents a picture with full word

substitution and i = 64,

7. Hardware Consgiderations

The correction circuitry based on the pulse stuffing technique is shown
in Fig 1. |

This hardware can bhe grouped into three different parts: a) the pulse-
stuffing circuits (the Stuffer)}: b) .the Counter: c¢) the rate changing circuits.
This can be done in both the encoder and the decoder.

The pulse rate is increased in the encoder by a factor Af ='ii- and slowed
down by the same amount in the decoder. The additional hardware needed in
the implementation of both the encoder and the decoder, represents a smail
proportion of the total components that have to be added to those already
included in the conventional adaptive delta modulator system. Also, both
the modified and conventional DM include the same electronic sybsvstems,
only used in slightly different ways.

Clearly this proposed technique will require an‘ increase In the bandwidth
required by the channel by the amount Af mentioned above. This amount
however, is of the order of 10% at most in our case (j = 2, 4, 6; i = 32, 64, 128).
Moreover a trade-oif exists between this increase in bandwidth and the improve-
ment obtained in the error sensitivity of the channel. This trade off can be
adjusted to meet any particular spec ifications, and requires only minor handware

modifications for every change.

8. Conclusions

The delta modulator is a relatively new device which has found wide
application in voice encoding. Two main difficulties in using this device

for video encoding and processing is that it slope overloads and "rings",
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- and that channel errors produce a d.c. level shift.

Recent work by Weiss (2) in the development of an easily implementable

overshoot suppression algorithm has virtually eliminated the "ringing" problem.

In this report we have presented an algorithm, which is easily implemented,

and which significantly reduces "picture streaks" due to the production of d.c.

level shifts by channel erross. The algorithm can be made adaptive whereby the

insertion rate of the PCM codeword needed for correction can be adjusted depend-

ing on the strength of the channel noise. This yields a more efficient use of

- bandwidth. Further, the resulting signal can still be processed further using line~

to-line correlation to remove the remaining " sftreaks".

2. References

1)

2)

4)

5}

C. L. Song; J. Garodnick; D. L. Schilling, "A Variable Step Size Robust
Delta-Modulator" IEEE Transactions, Communications Technology, Vol.
Com. - 19, pp 1033-1044, December 1971. '

L. Weiss, I. Paz, D. L. Schilling, "Overshoot Suppressioninddaptive Delta-
Modulator Links for Video Transmission", National Telecommunications
Conference, Novemhber 26-28, 1973, pp 6D-1 to 6D-6.

E. J. Claire, "Bandwidth Reduction in Image Transmission" Radiation
Incorporated Melborne,

D. J. Connor, "Techniques for Reducging the Vigibility of Trans mission
Errors in Digitally Encoded Video Signals" IEEE, Trans Comm. Technol,
Vol. Com~21, June 1973.

H. S. McDonald and L. B. Jackson, "A Study of Single Frame Encoding of
Pictures by Differential Pulse Code Modulation Incorporating a Lossy
Integrator", Private Communications.

J. G: Limb, and F. W, Mounts, "Digital Differential Quantizer for Television",
Bell Systems Tech. J. Vol. 48, pp 2583-2599, Sept. 1969,



Fig. (1) Adaptive Delta Modulator with Correction Hardware. (Correction hard

x

e e e e e e -
i
l.
|
St
——’;—-—{—)—9 A/D ! = Counter,
! [
1 l
| !
| l <
1 i ! I
]
o I . , !
. Counter, 3 I
] 1 . § i
i | i i
| I w % b 5 i
| —"
| — Stuffer. |- -------- J{Unstuffer. | Decoder |
) F
i _ . ! 7 | |
:‘ | | |
i
| | | |
| : Rate ;'r !
| | Multiplier | 1
_ ! 1
| | I t
| e i T
i . My 1
| l
1 | l
| s p t Rate
- f_\.k 1 : Multiplier.
|- - ] _ A
!
1 Control Timing | J .
I PulseSiem— | Circuits. :
} 1
] !
i !
e e e e e e e . e = e

ware is shown outside the cashed box).-



55)

Fig. 2 Normalized §1, 92 Characteristics. (. = Minimum Step Size.)



11_[—‘ — L~ L
' e - _
IR QU S B

:.--r...-.l L_ | L-l...._.
d. c. shift
Yig.(3a)Effect of one error in e, received at the Fig. (3b) Effect of one error in the
decoder on rising” sipnal. ~ Steady state.
- e ' : e
N TN N T AU AU I NN I AN O O
7] T T N I T | | |
i - Errors— S
L. : - - "
b BTG - e _TL'_"}__,__.j___ _ o ;
e |
: I
L

[ I BT I_H =
" . e B I B S

i
d.c¢. shift :
1
A d.c. shift
L
t
i
teo
b,
]
[}
- :
_ I
| | v by
-1
— 1 - -y
[ T [ SR U LTI
wel N Lr-

Fig. (3c) Lifect of two errors on the falling | TFig. (3d) Effect of two errors in the
signal, _ steady state.



wr

Fig.(4.a.) Picture recived through

' ADM,. and Noiseless channel.

Fig.(4.c.) Picture through noiseless

channel with 4-bit substitution.

gf . ¢

s A

Fnp Aoertea

Fig.(4.e.} Picture thre l.zgn noisy

channel.§ix bit substitution after
each line., '

57)

[ i o B e e T EGiLLUACH
. B b
AT AT . . s
Cor S
F 1
PFirmwl i e 3 RS XS - e

Fig.(4.b.) Picture decoded by ADM

through noigy <channel.

L%

P

Fig.(4.d.) Picture through noisy chann
with 4~bit substitution.

TR TS TR

TFig.{4.f.) Tull word substitution after

& block length of 64 picture elemecnts.



' 58)

V. _Appendix
The material of this appendix has been taken from the Delta Modulation

Status Report for the period of January 1, 1972 to July 1, 1972,

A stability condition is derived here assuming that o > 8 and that in steady-
state an oscillating pattern corresponding to the bit stream 11001100 ... is
produced. It is shown that for this pattern o - 52 < 1. While other stable
patterns are possible for different ranges of a and 8 this pattern corresponds

to the pattern of minimum settling time.

1., Stability of the Song Delta Modulator

The Song Delta Modulator shown in Fig 1 has been operated in two modes.
These modes can best be described using Fig 2. Here we see that the output of

function generator g; is

'XK"X,HIsgn(ex) y o RXe~Xpa| 228

7=
28 59“(€K) J ‘XK'_XK-11<25

where 8 iz the minimum step-size.
The output of function generator gz can be altered depending on whether

voice or video is to be encoded. If voice is to be encoded we select

- \SS?V\(eK-l) ] | XK"' Xk-l\ >/2 S
gz - :
O ) erﬂ"XK-II’(ZS

If video is to be encoded

_ —% I XK"_XK-l‘ S?“ (ek-i) ) | ‘XK _XK“’ Z25S
O ) IXK “ka!!éZS

%

(1)

(2)

(3)
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It is noted that for |:»ck - | = 28 the slope of g; is unity while the

X
k-1
slope of g; is either zero or one-half. It is proven below that if the slope of

g1 is @ and the slope of g; is 8 then instability results if

of -B22 | (4)
Proof: Referring to Fig 1 we see that

91 (k) + 92 (k) = x =%, (5)

-X .

k+1 k

For example, if x; - x_ = 108 and e, = +1, then gy = +10S and g = +8 (in the
(o] k

i.e., the values of g; and g,,,when added, form the next value, x

voice mode). Hence, g;+ gz = 118 and Xa= x1 = 115. Since xk- Xk-l represents

the instantanecus step-size, we see that in the voice mode the step-size

increases or decreases by § providing Ix - xk . | = 28.

k

Proof that o - 82 > | Results in Instability

Assume that the slope of g; is @ and the slope of g, if 8. Now refer to Fig 3,

Here we see that the estimates X _g? Xk—z' etc., are approaching m(t). If the

fa < i - = 0. i
system is stable, Xk+1 xk_3. If the system is unstable }':k._3 xk+1 0. Since
& 5= ek_2 = -1, we have from Fig 2,
|8 x2 [ =(a+B) | & x5 ] (6)
Since ek_1 =+1,
| 8%, | =(a-B) | ax; | (7)

and similarly since ek = +]

fax_ [ =(a+B) | ax | (8)
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Combining (6), (7) and (8) we have, for instability,

Kig=Xrw = | AXs| +| Axa| =1 AX] =] AXo|

= [+ (48~ (- @)~ =+ )] | AXd (9)

= v
Thus

(l+a+B)(1-2+8H=<0 (10)
Since a, B = 0 we have an unstable system if

1-2+p%< 0 . (11a)

or

o - fi21 (11b)
Hence, for stability
-8« 1 (12)

Note that the procedure used for the Song mode: o = 1 and 8 = %, is stable.

The advantage of this system over other stable systems is that the step-size
can increase by 50% (o + 8 = 1.5) and decrease by 50% (o - 3 = 0.5). This rapid
rise and fall makes the Song mode of operation particularly suitable for video

encoding.
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VI. New Areas of Research

1. Calculation of Stope Qverload Noise

Slope overload noise calculations have been made by Protonatarius for the
linear DM. We are currently determining this slope overload noise for the ADM.
Inthe ADMthese ¢calculations are complicated by the fact that the step size
varies.

Another complication that we are considering is that the ADM operates in
a discrete manner rather than analog. Protonatarius assumed that the estimate

was continuous.

II. New QOvershoot Suppression Algorithm

In order to decrease the bit rate needed in @ DM system we must have a
system which can rise rapidly and settle quickly. The rate of rise of the Song
DM is limited by & + 8 where o - 52 < 1 is required for stability.

A new overshoot suppression algorithm is now being developed which would

allow o? - B2 < 2 and still vield a stable system.
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AN ALL DIGITAL PHASE-LOCKED LOOP FOR FM DEMODULATION

John Greco and Donald L. Schilling
Department of Electrical Englneering

City College of The City

University of New York ' .

New York, New York 10031

Abstract

An all digital phase-locked loop for FM demodula-
tlon is presented, The unit operates as a real time
special purpose diglital computer and employs a square
wave voltage controlled oscillator. Deslgn procedures
are given for a first, second, and third order loop; the .
deslgn rellects the influcnce of the sguare wave oscilla~
tor as well as quantization Hmitations. In an attempt to
obtain information about the threshold of the digital
phase-locked loop, the response to ortificial input noise
spikes s examined. ’

b, Introduction

The block diagram of the digital phaso-locked loop
(DPLL) I= shown in Flg, 1. Al signols to tho right of the
A/D onnverter are binavy words and all gomputations
within the PPLL are digital. The digital filior is alther
a proportional path,-a propertional plus integral path, or
a proportlonal plus integral plus double integral path
ylelding the first, second, or third DPLL rospectively,
To simplify the 1mlgslementation. the filter gains are re-
stricted to be 1/27, with N an integer, so that coeffi-
clent multiplication is reduced to shifting the binary
word. To aveld a binary multiplication of the input Ay
and VCO output wy at the phase detector, the digital
VCO waveform {s a square wave having values 1, The
multiplication is then reduced to a simple logic opera=-
tien. An algorithm is developed (1) to determine the
correct cutput of the digital VOO and an implicit VOO
gain s introduced (1) : Gyop = T2N/6, N = integer.

2. Digital Phase-Locked Loop Equation

To avoid distortlon in the sampled incoming M sig-

nsgl, the sampling frequency,‘fs, is chosen according to

fs =2m B (1m}

nfs= fo - Bf2 {1
where B = IT bandwidth

m=1

n = integer

In = carrier frequency.
The VCO output {s glven by

L

© = §5q {F:z‘"]']j"'-l- wk) ) {2)

where C'ﬁk = VCO phase,

. L JFL, 0 S <
. 5q () = {_1, " G <9W

and Sy () is perliodic with period 2% The DPLL culnug
¥ ts the derlvative of the VOO phase @ in our digitel
schame the derlvative is computed as the dificrencas:

YT s T % IR

Firally, the ouiput V. 15 determinsd from the phaze ooy
slanal ey, by the diglial filter chizracierfatte. For the
fizst order DPLL, ¥y, . T2y, and comblning Eao {2} and 0,
we obtain the difference equation for the VOO phaae:

. - 43

- A m m - J
mkﬂ —mk- 2G cos (k_z-n-{" mk)sq (kEEHPk) (4)

where G = loop gain. This nonlinear difference equation
s extremely difficult to analyze and so a linearized
model 15 Introduced, ’

3, Linearized Model

The function 8g (.) containg odd harmonics and tha
product of input and square wave produces harmonics
at U, fg/2m, 2f,/2m, . . ., Nf /2m, o . Hz. Of course,
the zero harmonlc {3 the only uzeful term as it containsg
the phase arror information. Henco, wo would like to
have the other hanmonics fall outside the PLIL bhand-
width. But this is itmpozsible as tho (Em}t harmonic ta

at fy Hz which is equivalont to 0 Mz, That is, tho dtage

ing produced by s’ampllnn iniroducoa a torm nt 0 Mz,
Thia torm has amplliuda on the order of 1/4m, and go it
appears that wo should chooso m largo. Howover, choGs~

ing m large results in the harmonic at f./2m belng inx" "

troduced into the DPLL bandwidth. The congtraint wa
Impese 1s to have thiz harmonie fall outside the DPLL
bandwidth. If the input frequency deviation {a af, the
bandwidth of thiz harmonic 1g approximately 4 04, and
s0 the consiraing iz

fsjzm—ztsf?:aL (5)

with By = DPLL bandwidth, h .

If we can choose m 23, the (2m)™ harmonic will be
al least 20 dB below the fundamental nnd its contribution
to the output end VCO phase can be neglected,

With Eq (5) satisfled we Introduce the Iinearized

.

model of the DPLL by using the VOO fundamental to gener-

ate the phase error. This fundamental has amplitude
4/1, and assuming iek f << /2, we arrive at the lipnead-
zed mode) shown in Flg, 2, where GVCO = impiiclt VOO
gairn. :

4. Phase Error Contraint

The pliase error Gy should ke small so that we operata
on the lnear porticn of the phage characieristio; i.e., sin
ey = €, The error in this approsximation 13 referced to as
harmonic distortion. However, e, fs reprecented by a
finlte number of bits and a small ¢, will be Iost in the
quantization noise. Hence, an optimum phase arror exitn
for which signal-to-harmonic distortion and signal«to-
quantization nolse sre equal. Thege quantities are com-
puted (assuming e, uniformly distributed over it range)
and plotfed against (g, ) max 0 10-bii guantlzation and

1a-hit guantization i;?.'hl“i.g., 3, the interacotions glve ths ]

fumary nine e c
optimum volue of feg) oo
Wumber of ity

0.
iz

Se Paslrn of the Fivat Crder i

o An lnput froquenoy: offzet of &7 produsag o LTy
ROy ! : T

O T - S i)

Tha DILL ie construcied uging 10-bit aufthmetic; ‘there- -

i H e et ‘ i
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6, Bestan

- eguation--we

Cregpense (VO

fore

amat/E,
<
S 0.35 {7
The DPLL bandwidth By, s given approximately by
— 2 . o
BL fs e (8)

where the approximation is valid for T,G <:“51. Utilizir\g
Bq. (8) in E4. (5),

P

\ fs - 2bf 2 Z-a ®)
am ’
Gombiuit i witn Eq r?; yie]ds the design aguation
C £
5 m—— :
R FICTRY: S

The DTZ and TTL ‘ogic employed necessitated the vaiue
£ 0 LHgz to provide a sufficlent computation interval.
Chcosing Hf = GO0 Hz wo obtaln m S7.4, We shall use
m = B (the VGO algorithm {s simplified when m 1s a pow-

er of 1), We further obtain from Bg (T} G 2,214 and
B = 2,14 kHz. The choice m = § tnvalidates Eg (5); we
shall choose :

G o= 0,167 =T j5 . 3% (i1

and allow (e
mation of I‘rg. {IE? fu consarvative; the actual bandwmth
is 1.8 kH=) and Eq. (5) is satisficd.

Summarizing, the parameters for the first order DFLI

ares ‘
f =50 kH=z
8
Lf = 600 Hz .
G 01.:’?M1T/:-"3

the Second Order DPLL

The digital {lter 1g augmented o a lonal pius

Ot
ou

fntegral {liter having trensfer funciion B .‘., Ly
- : ' -
Hixy = gy + gg TR . (12}

where gy = proportional path gain
gp = integral pailt gaii.

VWe ahall use the same sampling freqguancy and Dogueanoy

deviation computed for the {irgt order DPLI,.

The second DPLL frecks a freguency offsoat wiih zero
phase error, Therefore we consider ginusoldal modulia-
tlon: @, =8 sink 20, /e I € << §g, the phase

H

erior smpiliuds 1s
dn NEfT,
e} B e Ll 13
{ k' max g ‘M - (18
where Ga = gain of the fategral loop. Choosing Py 7

200 Mg (3= 3} v chialn from tha phase error m"uimi
G, = 0055, We chooszo intlally G = 008818 =15 o

Now we have moand Gy at oul dispoasal to meest Bg. (:}
But wo wish 1o achieve more than simply satisiving
soel a gecond order DPLL which prowvlds
threshold improvement over the first order DPLL. To gelis
fnsight into the leop'a behavicy near i:‘\"eqho"h wa in-
troduse cn artifical spike o the Dx.ﬂ snd ohsan
S0 phasel, Obvicusly, I the VOO r‘sm.:
follows the inout gpilo, thoe sHia i 'n_,mof_ soad g2t the

Qutpui,
The model used for the sothe g 2 cinusoldal naornaene
‘of Ziradians ln the lnout phase:

bl
45

= 21 cos k1t / K) (14)

(qjk)spike S
The spike duration, K/f;, is chosen as the reciprocal of
the IF bandwidth; this is the fastest spike possible.
This gpike is superlmposed on constant or sinusoldal
modulation, producing a positive splke when the Input

" frequency is at the left extreme of the IF bandwidth.
The nonlinear difference equation is solved on a com-
puter for the VCO phase and the solution 1s examined
to determine whether or not the leop follows the spike.
Note that the Hnearized model is not vatid when a spike
appears as the phase error hecomes large. Also note
thatl the carrler amplitude remalns constant during the
spike; this represents a worst cace as in actuality the
amplitude decreases.

The results are dlsplayed in Fig. 1, where tho splke
responses are displayed as a function of loep gains.
Fig. 4 {a) is the case of the splke superimpoged upon an
tnput frequency deviation of 6460 Hye; Fly. 4 (b) is for
sinusoldal modulatlion with {, = 200 Hz and B =3, They
clearly show that m = U is Lln*-,allsfaclory as the loop
becomev unstable for elmost atl values of G;. The case

4 18 not my ch hatter. I we decrease the Integral

. gain to 7 /52" (and congequently increase the phaze
error) then we can choose G =7/5- 2% or /5. 2% or
w/5.28. The final choice depends on setisfying Eq. (5)

= 0.48. Then By = 1.57 kHz {ihe apps roxi-and algo on the linearized Input-output loop transfer

function. As we are interested in ¥t demoedulation, the
DPLL tranzfer function shouwld be as fiat as possible out
to f Eyuming these conditlons leads to the cholce
G1 = Tf/5 2' .

Summarlzing, the qccond order DPLL gains are

Gﬁﬂ/S-Z Gzr-n/s.g?
7. Dasion of the Thivd Order DPLL
A double integral filter 13 addsd to the previos
filter of Eg. (12%
M - 1] 2 )
H(z} =61+ gz * g (TR (15)

vielding the
the phavse error amplitode is approxd

A

mately given by

)
(o = 25 /E)
Kmoax ——/——
- . GS
whara Gy = galin of the double integral path., Tmposing

" the phade error rastriction vields (using 2f = 604 M2
and { Fat

naf
an AT

= 200 Hz) Gy = 0,000132, We choose
Gy= “hl000154 = /n?“‘3 and m = 4, The values of

Gy and Gy are ghosen from th splke response and tna-
ariced iao‘n characreristic, The spike responses tlug-
trated in Bfg. (5) show that thers exist several pairs of
geing Gy, Gg for which the third order DPLL suppresses
the fnput splke, both for constant and sinusoldal modu-
jotion. To nanow the choice, a spli.*:o. tasting

2/ {IF hancwiditn} seconds {s lntroduced and the

final chodce is

. .

R N 4

Gy = G2 G Ts/w» Gy = Wi/ (v
Theno guing procucs © Mnsariced characteristic whick

in flat within 0.5 di i 200 Hz and has a 730 B2 band-
width, thereby satisiying Eq. (5).

it



8. Concluslons

An all digital phase-locked loop has been presentod
and a destgn procedure for o first, sccond, and third
order loop is developed. The procodure Involves quanti-
zation}effects and response to artificial fnput nolse spikea.
Experimental rosults based on this design will bo present-
ed.
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OVERSHOOT SUPPRESSION IN ADAPTIVE DELTA MODULATOR
LINKS FOR VIDEO TRANSMISSION ‘

by

L. Welss, I. Paz, D, L. Schilling
Department of Electrical Engineering

ABSTRACT B )

An overshoot suppression scheme to improve the per-
formance of the Digital Song Adaptive Delta Modulator
for picture transmission is described, The overshaot
suppression algorithm has been verified using computer
simulation on a PDP-8, It is also shown that the addi~
tional hardware required for the actual implementation
of the algorithm is simpler than those encountered in
the literature, and gives better signal tracking accuracy,

I. INTRODUCTION

Delta Modulation is the name of the encoding pro-
cess In a Digital Communications. Link that allows
for only changes in the input signal to be processed
and transmitted. Using this procedure the link is
usually required to transmit only one bit per sample,
resulting in an improved bandwidih utilization effi-
clency over that abtained with PCM systems.’

Briefly, a delta modulator operates as follows. The
amplitude of the signal to be transmitted is sampled
periodically and compared to an estimated value., The
estimated signal is obtained by incrementing the
previous estimate at each sampling time by a discrete
amount called a step size, The sign of the difference
between the signal and its estimate 1is used to decide
if the previous estimate should be increased or de-
creased. This sign information (one bit per sample) tg
also transmitied over the channel to the decoder. The
decoder uses this bil stream to construct the signal
estimate.

A video signal is characterized by discontinuities
of large amplitude and very short rise time. This cor—
responds to abrupt changes in shades in the picture
content. A linear delta modulator 1s Himited in its
ability to track sudden input changes by its fixed step
slze. The magnitude of the steps is hounded by the
permissible granular noise in constant shade regions,
see Flg Ja. Shade contrast is thus degraded by the so
called "slope-overlioad-nolse" introduced by the delta
modulators Inability to rapidly follow the signal dis-
coemifnuity, To aileviate this vondition, while matntain-
ing the permissible granular nolse level, it is desirable
te maka the step sizes small {nitially hut allow them to
increase guickly in some nonlincar fashien when tracking

~a rapldly varying Input, see g 1b, This is done in an

adaptive delta modulator

The sharp rises in a video signal are usually foliow-
ed by reciong of corstant level due to reglons of uniform
shade in the picture, Thus while alleviating slope over-
load probiems, an adaptive delta modular introduces the
possibility of large overshoots when the tracked level
is {inally reached. Furthermore, the overshoot is fellow-
ed by a translent osclllatery response until the delta
modulator finally locks onto the tracked signal level.

"The research presented in this paper was partially
sppgot‘ted Ly NASA grants NGR 33-013-063 and NGR
33-013-077.

The City College of C.U.N.Y.

These effects are shown in Flg 1(b),

Both the overshoot and the subsequent recovery
time are undesirable attributes of an adaptive deita
modulator. Reducing the step sizes decrease the
possible overshoot amplitudes and shortens the recovery
time. This, however, augments slope overload, A trade-
off therefore exists between overshoot amplitude and

recovery time versus slope-overload-nolse i{n an adap-
tive delta modulator, )

Overshoot suppression is a scheme to sharply 1imit
the overshoot amplitude and reduce the subsequent re-
covery time. This is done without reducing the step
slzes untll overshoot 1s imminent. The trade-off between
overshoot amplitude and recovery time versus slope- ‘

- overload-noise 1s thus relaxed.

An overshoot suppression scheme has recently been
suggested in the lHterature « This scheme, however,
uses a look-up table in which arhitrary values for the
step sizes are suggested, Tt could therefore not serve
the optimal delta modulator we are Investigating in which
the siep sizes are ohtained by explicit mathematical ex-~ -
pressions. Purthermore, the maximum step size ig limited
in the above scheme by overshoat considerations., How-
ever, in the Song Delta Modulator, the step sizes can
continually increase with the overshoot suppression
scheme described below, thus yi elding better signal
to slope-overload-nolse ratio, Moreover, the amount of
equipment involved in implementing the proposed over-
shoot suppression algorfthm is very modest in comparison
to the equipment needed 1o implement other proposed
schemes, and could fit into any adaptive delta modulator
in which the next step size is explicity calculated, It
is also flexible as to the amaunt of avershoot suppression
it can perform and trade-offs hetween conflicting factors
can ke accurately set as may he necessary,

II. VIDEO TRANSMISSION CHARACTERISTICS OF THE
DIGITAL-SONG-VARIARLE-STEP--SIZE DELTA MODULATOR

Figure 2 shows the structure of the digitally imple-
mented optimum adaptive delta modulation system re-
ferred to {a this paper. Briefly, its operation is as
follows:

The input signal S(t} iz sampled and Ato D converted

to give 8, . 8k is then compared to its estimate, X,
generating a sign-bit €, with .

e, = son. (Sk - Xk ) (1}
where "

¢o= ¥ . :A

)‘k }};--1 * k (2}
The step size at the k th sampling instant (g

A = - N

k 551 ‘ok-‘lt Ak"l} Ya (e!:_zf A ];._1) (3.]

Thus the I-'.th step slze depends on the previous step siza,
and the provious two slgn bits, The g, and g, function
choracieristics are shown 1 Flg 3 indlcating that:
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where & §s the minimum possible step size. The |
special chion; | & <2 A4, 18 needed to prevent a
dead zone at the o:‘fcjln. The decoder is just the feed-
back paitlon of the encoder. It reconstructs the approxl—l
mation X, from the e, sign bit stream. Xy is then DfA
couverteé and low pass filtered to give  Sy(t), the es-
timate of the transmitted signal,

In video processing, 8(t) will contaln many large
discontinuities of very short rise time followed some-
times by constant levels. Thus edge response is extreme-
ly important in video. To permit § {t} to approximate
rapid rises, 1.e., minimize slope -gverload-noise, rapidly
increasing step sizes are required. This can be accom-
plished by increasing e, 8, as well as & _in {4). Gains
in reducing slope-overload-noise are made at the expense
of large overshoots and long subsequent recovery times.
Furthermore, it can be seen in Fig [(b) that good steady
state respense, i.e., smatl amplitude oscillations about
a constant level in §{t), requires small 4,. It can atso
be ghown that the delta modulator becomes unstable i
o and f are made too large. Thus in choosing o, B, and
Ao a trade-off mugt be made hetween slope overlcad
nolse versus overshoots, recovery time, and steady
state respense while maintaining delta modulator stabili-
ty.

The addition of overshoot suppression to the adaptive
delta modulator permits & and § to be increased while
decreasing & - In this way, slope overload as well as
small steady state response regulrements can be met
simulianeously.. Impending instabilities due to large o
- gnd f§ are also inhibited and, obviously, overshoots and
subsequent recovery times are minimized.

1. THE PROPOSED OVERSHOOT SUPFRESSION ALGORITHM piime refers to the new viides after th

The Overshoot Suppression Algorithm may be under-
stood hy considering the four cases shown in Tig 4 in
which an overshoot or an undershoot ogeurs. In Fig 4{a}
an overshoot ocecurs at sampling time k-1 followed im-
madiately by an undershoot at k. For this case it is
easy to show that the delta modulator considered will
approach its steady-state conditlon rapidly. This is not
the case In Pig 4(b) where the overshoot is larger than in
{a) and X, is greater than 5, . Consequenily an under-
shoot occurs at K+1 or later and with an amplitude larger
than In {a). This occurs because the step sizes begin
ihcreasing agaln after the first reversed step, Thus it
wlll take many more sampllng periods to reach steady
state in (b) than in (2). The algorlthm is therefore fm-
plemented only when case (b) oceours. Note that Fig 4{c)
and 4{d) deplct undcrshoots corresponding to the over-
shoots in 4{a) and 4(b) respectively. Actlon to nrevent
excessive undershoots 1s thus taken enly for case (d).

The occurrence of cases (b and () can be recognized
by examining the sequence (e{_ﬂ, ek-—z' E'r-—1' e, }. The
ingerprint of {b) is (+1, +1, -1,137 " while that of (0}

is (-1, -1, +1, +1}), When efiher seguence ig encountersd
action Is taken to prevent overshoot or underghoot,

Thae corrective actlon entalls decreasing the stored values

alich

of 8, and hence X, and X . Case {b) Is thus trona-
formed into a case (é)‘ls_ituation and the same {or (d}
and (c) respectively. The shape of the modified

~ wavelorm actuaily depends on the amount by which

A

Kot is decreased. The simplest scheme 15 one where
R

is replaced by half of its orlginal value, We may
for more rapidly increasing step sizes, & , L.e.,
larger o and B (see Eq 4) , as long as &,  is replaced
by a smaller fraction of its original value when over-
shoot suppression is employed. Thus there is a faster
initial rise coupled with a very sharp braking actlon
just before the desired level is reached. However,
since the braking action oceurs close to the desired

level there s nominal slope overload degradation,

Indeed, there 1s an overall decrease {n slope pverload

. noise due to the more rapid increase in the Inltial

step sizes.

Now the Oveshoot Suppression Algorithm 1s applied
to the adaptive delta modulator operating in the Song
Maode, l.e., =1, #=0.5. It 15 shown elsewhere 4 that
usable video transmission can be obtained using these
parameters even without overshoot suppression. With
the addition of the suppression algorithm video reproducs
tion should be much improved.

. The salient features of the Song Mode response are
now summarized, In approaching a level from above or
below as In Flg 4, each siep size 1z 1.5 times the pre-
vious one {see Eq 4 for o=1, §=0.5). When a direction
reversal occurs, as at sampling time k in Flg 4, then the .
first step size following the reversal is one half the
previous step size, L.e., & =% bk (see Eq 4). Thus,
in Flg 4{b)(we have o o

2
; 1 = .- i
X 2K m TR, T A

The inequality- sign is needed cue to the fixed point
arithmetic employed in the digital implementat lon.
Alzo In Fig 4(b) X <8, <X . Toimplement over-
. -2 k ' k ] .
shoot suppresslon set (ﬂ =3 , whera the
L aovershoot sup-

pression algorithun has been impiemented. Therefore,

k

-{5)

A'(Xk—l}l T R {&};—1}l Xt ¥ Ak-‘-x (5}

Wext, set ’ .
(Ak)' = k=—.§Ak-1 (7}

Thus ’ - I
S EX, D) =X (8)

Hence, Tig 4{(b) has been transformed into Fig b, with
undersheot cccurring at k rather than k+1 or later. It
should be evident from Flg § even without a delalled
explanation of the worst case that the overshoot has

- heen at kest entirely ellminated or at worst cut in half

depending on whether S{t) is closger to (X Par X
respectively, Flgure b aisc chows thatl tﬁélrecoverf
time is greatly reduced, since the delita modulator 1onks
onto 5(t) very rapldly after sampling time k. Note algo
that now (e ()’ = sgn. (Sl_ - (Xk)') = 31, whereas in
Flg 4{2} e, = sgr (8 - Xk} =1, ! o

The above overchoot gunprassion scheme g now
suntinarized in the form of en algorithm by consgideting,»
& typical eveie of the now modified delta modulator,

e



Step 1: Generate S ]
_ Step 2: Calculate %c =9 (e,

xk-”k

.
= sgn. (8, - X ) and transmit

+gq {€,
q“l) g3 { k"ﬂ q(-!.)
Step 3: Calculate )’

Step 41 Calculate ek
this bit.

In the delta modulator withaut over shoot sup-
pression this would complete the cycle. That is,
k Is next updated and steps through 4 are repeated.
To implement overshoot suppression the following
additional steps are needed.
Step 4: If ek_3,= ek_2 =+ 1, and ek_1=ek=—-1.setv=1;
If e, swek = -1, and 2 lwek = 1,set W=1.
Step 6; 1f V#l and W#l go to 7, otherwise set

@ (§_r=te,

G) O =X r R
© () =44

(@ o) =K R =X

(e) (ek) '=—g

" Btep 7: Updaie k. I‘h}ét 1z, set &,
g if step 6 1s cxeLutegc
oh'.érw}(sé e,

*Pk)
k' etc.
IV. BARDWARE II\CPLLMENTATIGN CF THE QVER -

SHOOT SUPPRESSION ALGORITHM . i

The implementation o the above overshoot sup-
pression algorithm requires the addition of very lit=-
" tle hardware to the Digital Song Adaptive Delta Mo~
dulator. This can be seen by cansldering the sche-
.matic representation of the delta modulater CODEC
{Coder~Decoder- Combinatien) with overshoot sup-
pressicn shown in Fig.2. Note that the extra com-

porients needed to implement the suppression scheme

appear In branches that are drawn with dashed lines.
Of these, the only major devices are the delay ele-
ments D5,D6, and the adder Ad. However, since the
adders Al,AZ, and B3 are really one time-shared
adder, we can ed_,ily tlme-~share adder A4 alzo. The

remaining extra elements are only a few gates nee deg

for decision, switching, and timing purposes. Note

that the execution of step G(a) of the algorithm, (2, )

= 34, need not requife the additlon of any expl cit
h(‘T(}W?}!‘Q We merely read into adder Ad the contents
of the @
ing in & division by two,

It is difficult to discern the opzration of the cir-
cult by mercly examining the schematic diagram in

Flg.? because the sequential order of operations 1s not
spesifled In tte dlagram. However, the actual opa-~
ration 1s made clear by considering Fig.2 in conjunc-

not

tion with the seven sicps of the ov
sicn aigorithm.

arshoot suppres—

Tha additional siepa  the algorithm place an
added reguirement on the loglc speed. After the com-
pletion of & normal cycie of the delta modulator, ex-
fra Ume 13 needed to perform two more additions and
the variocus logic operations nesderd to rearrangs
fntarnal values. No probiom will avise H thls can ba
done in one sampting period.
the sampling rate must be decreased, or logic com-
ponents capable of higher swliching speed must be

sed, ’
At this point, it should he pointed out that a signl-

register shifted by one bit, thershy result-

If it cannrot, then elther

ficant simplification is possible in the encoder tmpleme n-~
tation. Namely.Step 6{b) and hence Step 6(a) do not
have to ba explicitly executed in the encoder because
(X4~ )" is not really needed to compute (X,}' in Step 6/dY,
t.e. .(xk} is simply replaced byx . whic‘h is availahlein the
memory. Furthermore, it is easy “fo snow tnat ( ) s
not used in later cycles due to the fact that oncé &n over-
shoot ig suppressed at k-1, the earliest future time for
implementing the algorithm ts at k+2. By this time Xk-—

is clocked cut of the memory. In terms of hardware sad-
ings in the encoder, this eliminates the gates neededto
produce (Lk__ 5 , as well as A4 and A2 to cany
out Steps B{B) and 6{)'respectively. These simplifica-
ti ons arc not possible in the decoder because its output
with overshoot suppression, has to be taken from X

rather than from X . Note that if the output was taken!
from , then the overrheot suppresston produced by
going ack in time and reducing Xk would not be evi-
dent in the output § {t). K

V. COMPUTER SIMULATIONS

The Digital Song Delta Meodulator, with and without
oversheot suppression, was simulated on a PDP-8 com-
puter. The minimum step size used (dy ) was normalized
to unity. The dynamic range was 0 to 1024 AO . This cor-
responds to a ten bit Internal arithmetic in an actual
hardware implementation.

The respons es of the delta modulator to steb fun-

“
ctions of different amplitudes, with and without overshoot

suppression, appear in Fig. 6, Figs. 6(a), add "B(b) exhibit

“large overshoots and susiained oscillations. They corres-

pond to the seguance e = ek =1,e, =e=-1,wheare
k-1 is the sampling time When o%e}shoo occurs. Figs,
G{a‘), and B(b') are the same waveforms buy with over-
shoot suppression. As an example, compare Figs.G{a}
and 6{a'). Here the maximum peak-to-peak oscillations
are reduced from 2.4£\ to 94, . Similar chservations can be
made for Flgs. 6(b} and 6{b'). Furthermore, here the settl-
ing time to the steady state is reduced from slx to threa -
sampling perlods. '

~1

While Fig. § gives a good indicatlon of the goneral
nature of the Improvemsnt, due to overshoot suppression,
a more convincing illustration is depicted in Fig.7T where
the discontinuities are much larger. Note that the appa-
rent slow rise times In Pig.7 are due to th: compression:
produced by a scallng factor of 0. 1 used in the plotiing,
In reati *} Flg.T rises or er a range of 50004 in only 13
samplmc* periods. To achieve the same amplltude, a non-
adaptive delta modulator would require 500 sampling
periods,

Rriefly,the sallent f2atures of the response iro &8
follows: The risz fine {c reach a given level is the same
with or without overshooi suppression. Quershools are
suppressed by & minimum of 50%. Recovery timz s follow-
ing overshoots are sianificantly reduced as seen in Fig.7h.
The data plolted in Fig. 7 is glven in Table 1 for quantita-
tive comparisons. The peak-to-peak amplitude of the stea-
dy state responsce 13 three times the mindmum step size
for e¢ither schomea, The period of steady stare oscillations
is 1 sampiing porieds without overshoot suppression, and
B sampling perieds with avershoot suppression. In cither
cass, the peak-to-peak steady state oscillation amplitu-
des are smaller than & grey level in the picture waveform,
Thus constant shade regions will not sulfer signlficant
degradation.

6L-3



This s based on the assumption of quantizing a plxel

Into 64 grey lovels with o total dynnmic rango of 10244

Vi. CONGLUSIONS

An overshoot suppregslon algorithm has been prop-
osed and verificd by computer simulation. It has boen
shown that the scheme significantly improves the
transient behavior of video wavelorms transmitted
using delta modulation techniques.,

The main advantages of the proposed algorithm are;

(@) It can be easily utilized in optimal digital del-

ta modulators that can be described by a closed

=form mathematical formulation and in partic—
ular in the Adaptive Song Deita Moaodulator,

(b} The scheme has rather modest requircments for
hardware implementation. .

{c) It allows for flexible trade-off between slope-
overload and overshoot nolse.

Therefore, the addition of the overshoot suppress=-

lon algorithm significantly improves the performance of

the digital delta modulator for picture transmission.
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Ka 9,000  S4= 500.5 XK 0.000
He P.0O0 SHe SAN.S XKe Z.000
o 2.000 5= SA0.5 Xz 5.408
He 3.000 SH= 500.5 ° XK= 9.000
K= 4,000 SKe 5(A.% XK= 15.00
e 5,000 SH= SDN.5 RiK= 24.70
Ka 6.000  S$K= 5D1.5 XK= 37.00
Ke 7.000  SK= 500.5 XK= 56.00
Kz R.000  SK= 500.5 XK= Ba.@80
Kz 9,000  SH= 500.5 XK= 106.9

H= 1000 SH= 500.5% KKz §59.9
Ke 1100 SH= 501035 XK= BRL.Q
H> 12.00 SK= 500.5 ¥HKa 424.¢
Ke 13.00 EKe 50045 ¥He 63549
Ke 1400 SHe 500,35 ¥ie 530.0
Ko L5.00 SK= S500.5 Xika 373.8
Ke (6«00 5Kz 5OOLS Xi{e A5E.0
Ka 17.00 SKa 5005 ¥Mm 566,08
K= 18.00 SH= 50045 XH= 5100
He 19.00 Sl 5005 KM= 4230
K= 20.00 Sle S50R3.5 | XHe 20640
1n 21000 SHe S5f0.5 Ao 530.0
Ko 22.00 , Si{e 50045 KHe A98.d
Ko £3.00 SK= 500.5 XK= 514.0
= gA.0O0 S 500+ 5 MNike 506,09
Ke 25.00 SKe 530.5 ¥K= 494.0
Ha 26.00 K= 3R« 5 XK= S00.0
= 27.00 S¥= 30A.5 Xli= 4970
= 28.00 SHe 380.5 XHn 4930
¥= 29.00 Sie 300+ 5 Xiin 48T .0
Ko 300,00 SHe 30B.S XHe ATR.A
= 31.04 S 3ANB. 5 e 465,40
K 22.00 BK= 38n1.5 XK= 446.0
Ko 33.00 KKK 300.5 XK= 41883
Ka 34.00 Sis 3RE. 5 XK= 376.9
= 35.00 S 300.5 ¥Ha 313.1
K2 26.00 S5ik= 305 XH= 2)19.0
Ka 37.00 SHe 30A.5 Kile 26660
K= 30.0500 SHe 300R.5 ¥iH= 336408
Ka  39.051 SKe AN .S M= 3ul.8
Ka  a@. {0 SK= 36005 KHn R4%.Q
Ka 441400 SH= anG. 8 Xm 275.0
= A0 SKe 38045 FKHn 3ly4.2
K= 43.0m0 SK= 3063.5 XNHa P9GR.B
Ke 4440013 SK= 3065 ¥H2 3g4.8
= A5.00 Sli= 3805 ¥z 208.A
He 46.00 SH= J0A.H XM= 3R2.0
I Y 1] SKH= 38335 Kis 33t-0
Ke b (30 SH= A6@.5 Kw £2599.0
Mz 49.060 SK= J00.5 KKe 3260
Ko 50.060 SH= ADE.5 RE AGR.G

Tablg 1(a] Table of values for Fig. 7{a)
= K'th sawmpling instant.

SE = input nignal at time K.

¥K = jnput estimate ot time K.

EXKE = sign bit ot e .

A A
FlEna.
EKER
EXE-
EIF=
EKEn
EKE=
EXE=
EKEA
FXE=
EXE=
EXKE=n
EX1Le

1.000
EeQ09
1008
1.000
t.000
f+000
1008
b« 000
1. 003
| + G003
L« B30
l.000
L0068

ElEn«| .00
EMle=1.000

EXE=
| PLEA

1.000
leana

EXEe-]1.080
EHFeE=1.400

FHE®R
Eli¥e=

1.000
1.000

ElEn=).000

EKE=n

1008

EKE=~5.804
FHEu-1.0080

FRE®=

1040

FHEs -1+ BAN
FlEe-1.000
ERER=1. 030
EiEe~1.082
EKlE=-1.003
Rl =§ o (150

EK

bRl k]

EKEe~1. 003

¥
¥K
Yl Es
FHE=

CES Ry 1H

18084
1888
1-06a

EXER=1.008
FlEe~1.000

FH¥=
EKEe

1.8
1B

FXEe~1.000

EX¥=

106G

EKEn«1.0688

EXE=

te0eH

EXY=~ 335
EHE=-1.08

EHFu
B Ee

b330
18068

EXEs« 1 BEY

N .o
Table | fbY Table of values for

K= 0.000 SKe 52045 XHe .80
Ke 1.0080 LKz 50045 XHe 2,000
K= 2.000 SKa 99A.5°, Xl= S.HAR
He 2.009 SKe 50045 " XHe 9.008
K= 4.006 S5K= 500.% K= 15.06
K 5.000 S5K= 50¢.5 Xl 24.00
Ke 6.880 - 5K= 5060.5 XHKe 37.08
K= T.068 5¥= 506.5 XKue S6.00
Ke B.G0G SH= 500.5 %Ks Ba.an
Kr 9.G382 SK= 500.5 Xits 1°0G.8
K= 10000 K= 5R0.5 XKe 1C9.8
Ke 1l.00 Si= s08.5 XKe 203.0Q
K= 220 5= BAR+5 i 4240
He 13.80 SKu SMB.5 r¥= 529.4
H= [4.07 SKa SAB.S ¥W= A424.0
Ke |5.HR NHo SABS AMm 4769
K= 16.00 S5He SHE.S XK= G15.0
Ka [7.00 SH= 5B+ 5 XK= 4760
Ka 18.79 SKa s50@.5 ¥He 4950
He 19.00 S5K= 500.5 Xi{= 5090
He 20:P0 SHe 5080.5 XHe 49540
He 21.48 SKr GOBR.5 Xie 537P.0
He 22.00 L8s G0HS Xin 499.0 7
Ke 23.08 SHa a80.% Xlie 566 .0
He 24.08 SKe 50A.9 XKe 501.0
Ko £25.00 SHe HO#E.5 XK= S0303.0
He Z26.08 ¥a 2B9.5 XK= 5p2.4
Ke 227.08 S5l 324.5 KKz 5810
H= 28.00 SKe 3G0.5 XKa 49%.0
e Z29.50 SKe 3a0es Xlim 4960
Ku 30.010 SHe 390.5 XK= A92.0
K= 41.00 SKa BN 5 YKe A4BG.0
K= 32.8¢ . Sife 0.5 Y= 4770
Ke 33-68 El= J03.5 KW= A6N.0
K= 34.003 SKe 3P4 W= 445%.0
Ke 3%.09% SHe 304.5 XHe A417.0
We 3600 SHe 348G, 5 FiE 3750
He 37.80 SK= 3pG. 45 XH= 31840
la 38.08 Sie 3¢0.5 ¥Km Pob.e
e A% 35 SK= 0.5 Xiln 31203
Ke 40.006 SHe 3005 nHe DHG.0
Kre 4108 SKe 3.5 XK= 3R6.3
Kes &42.00 SK= 30355 Xle 3BL.0
li= 43.98 SH= RA%.5 XK= 303.0
Ku 414,08 SKs 30,5 XK= 3460
K= 45.48 SK= 380.5 XH= 3M2.0
e AG.-08 SK= 380.5 e 3pl.0
K= 47180 EH= 2038 HK= 302.4
K= 48.00 HK= 300eH K= 3600.8
He 49.08 SKe 3¢&.5 XK= 3G1:8

Flg. (L)

EKD= L.on0
EKUa 1.a06
EXl)z l.003
FHI= L« BH0
FEkU= l.H#6
FKU= 1.A0A
FKU= 1«NAA
FKU= 1.800
EKUs {.mAR
EKU= 1.000
EX1}= 1.800
EXU=s 1.804
EXII= 1.008
EXII==1.060
EXIlz 1008
EXU> 1.008
EHIta =1 000
EXtl= 1.000
FHUe 1605
Etn =~} . 500
Eitis .08
FKUa« [ 0386
ERUa }owid
E4Ua !.Buo
FRU= < | BBG
U= @i
FRil= = L. R0
LHy==-1.800
E{tl=~ | .GRR
LK{a -] «000
Tila = | + RO
EHija-T 035

SEMUA- LLReo

itz L 06
ERU==1 DR
EHtInea |08
EXU=r | <600
BK= =1 @06
ERt= | .p68
THU=- #0353
FHU=  LeRH#
FHU~ | .08d
Fiy=~ |+ eaed
EKU= 1.@06
EXU=~ [« B0
EKti=~1 .02
EKU= [.GGe
EKU=~ 1. G0
THU= §«02@
EKU=~-1.G20

ERKU = glgn bit used inzide encoder and decoder.
LT = glgr bit trancmilted {rom enceder to decotier,

&6

FHT= 1.A08
FHT= 1.038
FRTa 1«00
EKT= 1.804
EXTo 1.888
EKTa 1.008
EKTs {.800
FKTe 1.R03
EKTe 1.2
FETa 1.306
EHEe 1.000
EKT= 1.003
ElTe 104
ENTaw=]080
Elifme ] it
EK¥e §.000
EiT==].000
EXT=~1 01l
EKT= .08
EXTa~.0d0
EXT==|«007
EHTe«t.000
T2 1.080
EKTa 1804
D T==[-0100
EXT==1+0050
EXTa«|+6fA

. EXT=<| 000

FHTa~) 000
ERTa~1.083
FRTa=t 60
IIiTe~1 008
EXKTe-1.080
EXTa-1.080
ERTws=1808
EKT=-}.007
FHT=~ | «4AA
ERT#- 10108
LiT= 600
EHT= 1008
FET= -804
FRT= 1.000
CKT==1.800
EXTx=1-680
EKTe~-1 .00
TKT=- | 008
EXT= 1.263
FHTe L3403
RET= F+GRB

EHTE- L eQiE





